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DESCRIPTION

FIELD

[0001] A binaural hearing system is provided with improved localization of a sound source
emitting sound that is propagating as an acoustic wave to the binaural hearing system, wherein
the sound is also converted to an electronic monaural signal that is transmitted wired or
wirelessly to the binaural hearing system. A corresponding method is also provided.

BACKGROUND

[0002] Hearing impaired individuals often experience at least two distinct problems:

1. 1) A hearing loss, which is an increase in hearing threshold level, and

2.2) A loss of ability to understand speech in noise in comparison with normal hearing
individuals. For most hearing impaired patients, the performance in speech-in-noise
intelligibility tests is worse than for normal hearing people, even when the audibility of the
incoming sounds is restored by ampilification. Speech reception threshold (SRT) is a
performance measure for the loss of ability to understand speech, and is defined as the
signal-to-noise ratio required in a presented signal to achieve 50 percent correct word
recognition in a hearing in noise test.

[0003] In order to compensate for hearing loss, today's digital hearing aids typically use multi-
channel amplification and compression signal processing to restore audibility of sound for a
hearing impaired individual. In this way, the patient's hearing ability is improved by making
previously inaudible speech cues audible.

[0004] However, loss of ability to understand speech in noise, including speech in an
environment with multiple speakers, remains a significant problem of many humans, including
humans that do not use hearing aids.

[0005] One tool available for increasing the signal to noise ratio of speech originating from a
specific speaker is to equip the speaker in question with a microphone included in a device
often referred to as a spouse microphone. The spouse microphone picks up speech from the
speaker in question with a high signal to noise ratio due to its proximity to the speaker. The
spouse microphone converts the speech into a corresponding electronic monaural signal with
a high signal to noise ratio and emits the signal, preferably wirelessly, to a hearing device,
typically an earphone or a hearing aid. In this way, a speech signal is provided to the user with
a signal to noise ratio well above the SRT of the user in question.
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[0006] Another way of increasing the signal to noise ratio of speech from a speaker that a
human desires to listen to, such as a speaker addressing a number of people in a public place,
e.g. in a church, an auditorium, a theatre, a cinema, etc., or through a public address systems,
such as in a railway station, an airport, a shopping mall, etc., is to use a telecoil to magnetically
pick up audio signals generated, e.g., by telephones, FM systems (with neck loops), and
induction loop systems (also called "hearing loops"). In this way, sound may be transmitted to
hearing devices, typically hearing aids, with a high signal to noise ratio well above the SRT of
the human listeners.

[0007] More recently, hearing aids and head-sets have been equipped with radio circuits for
reception of radio signals for reception of streamed audio in general, such as streamed music
and speech from media players, such as MP3-players, TV-sets, etc.

[0008] Hearing aids and head-sets have also emerged that connect with various sources of
audio signals through a short-range network, e.g. including Bluetooth technology, e.g. to
interconnect hearing aids with cellular phones, audio headsets, computer laptops, personal
digital assistants, digital cameras, etc. Other radio networks have also been suggested, such
as HomeRF, DECT, PHS, Wireless LAN (WLAN), or other proprietary networks.

[0009] However, in a situation in which a user of a conventional binaural hearing system
desires to listen to more than one electronic monaural signals simultaneously, the user typically
finds it difficult to separate one signal source from another.

[0010] Binaural hearing systems typically reproduce sound in such a way that the user
perceives sound sources to be localized inside the head. The sound is said to be internalized
rather than being externalized.

[0011] A common complaint for hearing system users when referring to the "hearing speech in
noise problem" is that it is very hard to follow anything that is being said even though the signal
to noise ratio (SNR) should be sufficient to provide the required speech intelligibility. A
significant contributor to this fact is that the hearing system reproduces an internalized sound
field. This adds to the cognitive loading of the user and may result in listening fatigue and
ultimately that the user removes the hearing system.

[0012] EP 3 013 070 A2 discloses a hearing device configured to receive acoustical sound
signals and to generate output sound signals comprising spatial cues. The hearing device is
configured to be worn at, behind and/or in an ear of a user and comprises a direction sensitive
input sound transducer unit configured to convert acoustical sound signals into electrical noisy
sound signals, a wireless sound receiver unit configured to receive wireless sound signals from
a remote device, the wireless sound signals representing noiseless sound signals, and a
processing unit configured to generate a binaural electrical output signal based on the
electrical noisy sound signals and the wireless sound signals.

[0013] US 2013/0094683 A1 discloses a binaural listening system comprising first and second
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listening devices adapted for being located at or in left and right ears, respectively, of a user,
the binaural listening system being adapted for receiving a wirelessly transmitted signal
comprising a target signal and an acoustically propagated signal comprising the target signal
as modified by respective first and second acoustic propagation paths from an audio source to
the first and second listening devices. Spatial information is provided to an audio signal
streamed to a pair of listening devices of a binaural listening system. The first and second
listening devices each comprises an alignment unit for aligning the first and second streamed
target audio signals with the first and second propagated electric signals in the first and second
listening devices, respectively, to provide first and second aligned streamed target audio
signals in the first and second listening devices, respectively.

[0014] EP 3 041 270 A1 discloses a method of superimposing spatial auditory cues to an
externally picked-up sound signal in a hearing instrument. The method comprises steps of a
generating an external microphone signal by an external microphone arrangement and
transmitting the external microphone signal to a wireless receiver of a first hearing instrument
via a first wireless communication link. Further steps of the methodology comprise determining
response characteristics of a first spatial synthesis filter by correlating the external microphone
signal and a first hearing aid microphone signal of the first hearing instrument and filtering the
external microphone signal by the first spatial synthesis filter to produce a first synthesized
microphone signal comprising first spatial auditory cues.

[0015] EP 3 157 268 A1 discloses a method of estimating the direction to a sound source of
interest relative to a user wearing a pair of hearing devices, e.g. hearing aids. A target signal is
generated by a target signal source and transmitted through an acoustic channel to a
microphone of a hearing system. Due to (potential) additive environmental noise, a noisy
acoustic signal is received at the microphones of the hearing system. An essentially noise-free
version of the target signal is transmitted to the hearing devices of the hearing system via a
wireless connection. Each of the hearing devices comprises a signal processing unit
comprising a configurable sound propagation model of the acoustic propagation channel from
the target sound source to the hearing device when worn by the user. The sound propagation
model is configured to be used for estimating a direction of arrival of the target sound signal
relative to the user.

SUMMARY

[0016] Thus, there is a need for a binaural hearing system with improved localization of sound
sources associated with respective monaural signal transmitters. Each of the sound sources is
emitting sound that is propagating as an acoustic wave to the binaural hearing system, and
each of the sound sources is associated with a monaural signal transmitter that is adapted for
converting the sound to an electronic monaural signal that is transmitted wired or wirelessly to
the binaural hearing system so that the binaural hearing system can reproduce the sound
based on the electronic monaural signal.
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[0017] In the following, the term "monaural signal transmitter” denotes a device that is adapted
to forward the electronic monaural signal, wired or wirelessly, typically wirelessly, to the
binaural hearing system. The binaural hearing system is adapted to receive and convert the
electronic monaural signal into a signal that is presented to the ears of a user of the binaural
hearing system so that the user can hear the sound.

[0018] In a first type of monaural signal transmitters, the monaural signal transmitter has one
or more microphones for reception of sound emitted by the sound source associated with the
monaural signal transmitter and for conversion of the received sound into the electronic
monaural signal for transmission to the binaural hearing system that is adapted for reproducing
the sound from the electronic monaural signal. The sound source is associated with this type of
monaural signal transmitter when the one or more microphones of the monaural signal
transmitter is placed proximal to the sound source, whereby the sound is recorded by the one
or more microphones with a high signal-to-noise ratio. For example, the monaural signal
transmitter may be a spouse microphone worn by a human. The spouse microphone is worn
close to the human's mouth so that speech from the human is recorded by the spouse
microphone with very little attenuation. Possibly, the spouse microphone has a directional
microphone so that sound from other directions than the human's mouth is attenuated.
Therefore, the spouse microphone obtains speech from the human with a very high signal-to-
noise ratio. Contrary to this, the sound that propagates as an acoustic wave to the binaural
hearing system is attenuated as a function of the squared distance between the human and
the binaural hearing system. Further, the sound is detected by microphones of the binaural
hearing system together with possible sound from other sound sources in the sound
environment of the user. Therefore, the signal-to-noise ratio of the electronic monaural signal
is typically much higher than the signal-to-noise ratio of sound received by the microphones of
the binaural hearing system.

[0019] Examples of a monaural signal transmitter of the first type, include the above-
mentioned spouse microphone, a speaker system with a microphone for picking up speech
from a speaker addressing a number of people in an audience, e.g. in a church, an auditorium,
a theatre, a cinema, etc., such as an FM system (with neck loops), induction loop system (also
called "hearing loops"), etc.

[0020] In a second type of the monaural signal transmitter, such as a radio, a TV, a DVD
player, a media player, a computer, a telephone, a teleconference system, a device with an
alarm, etc., the monaural signal transmitter has one or more loudspeakers that convert a
source signal to sound that propagates as an acoustic wave to the binaural hearing system
and thus, the monaural signal transmitter of this type also comprises the sound source. The
monaural signal transmitter of this type generates the electronic monaural signal based on the
source signal that is converted into the sound, and thus, the sound source is associated with
this type of monaural signal transmitter by being supplied by the source signal that is also
encoded into the electronic monaural signal.

[0021] The monaural signal transmitter may include a streaming unit for transmission of digital
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sound, i.e. sound that has been digitized into a digital sound signal.

[0022] For simplicity throughout the present disclosure, the label "electronic monaural signal”
is used to identify the electronic monaural signal in any analogue or digital form along the
signal path of the electronic monaural signal from the output generating the electronic
monaural signal to its final destination.

[0023] For example in a spouse microphone, the electronic monaural signal may be generated
as an analogue microphone output signal that may be encoded and modulated for wireless
transmission to the binaural hearing system. In the binaural hearing system, the electronic
monaural signal is demodulated and decoded and filtered and finally converted into a signal,
e.g. an acoustic signal, which can be heard by the user of the binaural hearing system. The
same label "electronic monaural signal” is used for the signal throughout its signal path in any
of its various forms.

[0024] In the following, the terms direction towards the sound source, and the direction of
arrival (DOA) of sound originating from the sound source, in short just the DOA, denote the
direction from the user wearing the binaural hearing system towards the sound source, e.g.,
with reference to the forward looking direction of the user.

[0025] For example, the sound source may be a human wearing a monaural signal transmitter
of the first type, e.g. a spouse microphone, that converts the human's speech into an electronic
monaural signal for wireless transmission to the binaural hearing system so that the speech of
the human both propagates as an acoustic wave to the binaural hearing system for reception
and detection by microphones of the binaural hearing system and is encoded into the
electronic monaural signal for wireless transmission to the binaural hearing system for
reception by a wireless monaural signal receiver of the binaural hearing system for subsequent
reproduction of the sound.

[0026] In this example, the DOA is the direction from the user of the binaural hearing system
towards the human's lips, e.g., with reference to the forward looking direction of the user of the
binaural hearing system.

[0027] Azimuth of the DOA is the perceived angle ¢ of direction towards the sound source
associated with the monaural signal transmitter projected onto the horizontal plane with
reference to the forward looking direction of the user. The forward looking direction is defined
by a virtual line drawn through the centre of the user's head and through a centre of the nose
of the user. Thus, a sound source located in the forward looking direction of the user has an
azimuth value of ¢ = 0°, and a sound source located directly in the opposite direction has an
azimuth value of ¢ = 180°. A sound source located in the left side of a vertical plane
perpendicular to the forward looking direction of the user has an azimuth value of ¢ = - 90°,
while a sound source located in the right side of the vertical plane perpendicular to the forward
looking direction of the user has an azimuth value of ¢ = + 90°.



DK/EP 3468228 T3

[0028] In the following, the term "the user" means "the user of the binaural hearing system".

[0029] A binaural hearing system is provided that is capable of adding spatial cues to
respective electronic monaural signals, wherein the respective spatial cues correspond to the
DOA of sound that has propagated as an acoustic wave to the binaural hearing system, and
wherein the sound is also reproduced in the binaural hearing system based on the received
electronic monaural signal.

[0030] In the binaural hearing system, electronic monaural signals originating from different
monaural signal transmitters are presented to the ears of the user in such a way that the user
perceives the respective sound sources to be positioned in their current respective estimated
DOAs in the sound environment of the user.

[0031] In this way, the human's auditory system's binaural signal processing is utilized to
improve the user's capability of separating signals from different monaural signal transmitters
and of focussing his or her attention and listening to sound reproduced from a desired one of
the electronic monaural signals, or simultaneously listen to and understand sound reproduced
from more than one of the electronic monaural signals.

[0032] Both users with normal hearing and users with hearing loss will experience benefits of
improved externalization and localization of sound sources associated with respective
monaural signal transmitters when using the binaural hearing system thereby enjoying
reproduced sound from externalized sound sources.

[0033] In the binaural hearing system, spatial cues are added to the electronic monaural signal
utilizing binaural filters with directional transfer functions as explained in detail below:

Human beings detect and localize monaural signal transmitters in three-dimensional space by
means of the human binaural sound localization capability.

[0034] The input to the hearing consists of two signals, namely the sound pressures at each of
the eardrums, in the following termed the binaural sound signals. Thus, if sound pressures at
the eardrums that would have been generated by a given spatial sound field are accurately
reproduced at the eardrums, the human auditory system will not be able to distinguish the
reproduced sound from the actual sound generated by the spatial sound field itself.

[0035] The transmission of a sound wave to the eardrums from a sound source positioned at a
given direction and distance in relation to the left and right ears of the listener is described in
terms of two transfer functions, one for the left eardrum and one for the right eardrum, that
include any linear distortion, such as coloration, interaural time differences and interaural
spectral differences. Such a set of two transfer functions, one for the left eardrum and one for
the right eardrum, is called a Head Related Transfer Function (HRTF). Each transfer function
of the HRTF is defined as the ratio between a sound pressure p generated by a plane wave at
a specific point in or close to the appertaining ear canal (p_ in the left ear canal and pg in the

right ear canal) in relation to a reference. The reference traditionally chosen is the sound
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pressure p; that would have been generated by a plane wave at a position right in the middle of

the head with the listener absent.

[0036] The HRTF contains all information relating to the sound transmission to the ears of the
listener, including diffraction around the head, reflections from shoulders, reflections in the ear
canal, etc., and therefore, the HRTF varies from individual to individual.

[0037] In the following, one of the transfer functions of the HRTF will also be termed the HRTF
for convenience.

[0038] The HRTF changes with direction and distance of the sound source in relation to the
ears of the listener. It is possible to measure the HRTF for any direction and distance and
simulate the HRTF, e.g. electronically, e.g. by filters. If such filters are inserted in the signal
path between an audio signal source, such as a microphone, and headphones used by a
listener, the listener will achieve the perception that the sounds generated by the headphones
originate from a sound source positioned at the distance and in the direction as defined by the
transfer functions of the filters simulating the HRTF in question, because of the true
reproduction of the sound pressures in the ears.

[0039] Binaural processing by the brain, when interpreting the spatially encoded information,
results in several positive effects, namely better signal source segregation, direction of arrival
(DOA) estimation, and depth/distance perception.

[0040] It is not fully known how the human auditory system extracts information about distance
and direction to a sound source, but it is known that the human auditory system uses a number
of cues in this determination. Among the cues are spectral cues, reverberation cues, interaural
time differences (ITD), interaural phase differences (IPD) and interaural level differences (ILD).

[0041] The most important cues in binaural processing are the interaural time differences
(ITD) and the interaural level differences (ILD). The ITD results from the difference in distance
from the source to the two ears. This cue is primarily useful up till approximately 1.5 kHz and
above this frequency the auditory system can no longer resolve the ITD cue.

[0042] The level difference is a result of diffraction and is determined by the relative position of
the ears compared to the source. This cue is dominant above 2 kHz but the auditory system is
equally sensitive to changes in ILD over the entire spectrum.

[0043] It has been argued that hearing impaired subjects benefit the most from the ITD cue
since the hearing loss tends to be less severe in the lower frequencies.

[0044] A directional transfer function is an HRTF or an approximation to an HRTF that adds
directional cues, such as spectral cues, reverberation cues, interaural time differences (ITD),
interaural phase differences (IPD) and interaural level differences (ILD), etc., to an electronic
monaural signal so that the user listening to a binaural sound signal based on the output signal
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of a binaural filter applying the directional transfer function to the electronic monaural signal
perceives the sound to be emitted from a sound source residing in a direction defined by the
directional transfer function.

[0045] For example, approximations to the individual HRTFs may be determined using a
manikin, such as KEMAR. In this way, approximations of HRTFs may be provided that can be
of sufficient accuracy for the user of the binaural hearing system to maintain sense of direction
when using the binaural hearing system.

[0046] A binaural hearing system is provided with improved localization of a sound source
emitting sound that is propagating as an acoustic wave to the binaural hearing system, wherein
the sound is also converted to an electronic monaural signal that is transmitted wired or
wirelessly to the binaural hearing system.

[0047] The electronic monaural signal may be correlated with the sound propagating as an
acoustic wave to the binaural hearing system as received by microphones of the binaural
hearing system in order to determine directional transfer functions from the respective sound
source to each of the microphones, including the filter functions of the transmission paths from
the sound source to each of the respective microphones.

[0048] At each ear of the user, a selected one of the determined directional transfer functions
of microphones mounted at the ear in question, or a resulting directional transfer function
determined from the determined directional transfer functions to microphones mounted at the
ear in question, may then be used to filter the electronic monaural signal before conversion of
the filtered signal into a signal that is transmitted to the ear at which the microphone in
question is mounted so that the user will perceive the filtered signal to arrive from the DOA of
the respective sound source.

[0049] For example, it is well-known that directional transfer functions of a microphone
positioned at the entrance to an ear canal of a user are good approximations to the respective
left ear part or right ear part of the corresponding HRTFs of the user.

[0050] The determined directional transfer functions may then be compared with HRTFs or
approximate HRTFs to determine the HRTF or approximate HRTF that forms part of the
determined directional transfer function and that HRTF or approximate HRTF may then be
used to filter the electronic monaural signal before conversion of the filtered signal into a signal
that is transmitted to the ear at which the microphone in question is mounted so that the user
will perceive the filtered signal to arrive from the DOA of the sound source.

[0051] For example, sound propagation may be described by a linear wave equation with a
linear relationship between the electronic monaural signal and each of the output signals.

[0052] For example, in the time domain for a time invariant system, the electronic monaural

signal x(n) and each of the microphone output signals y*(n) fulfill the equation:
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y*(n) = g*(n) »x(n) + v*(n),
where (*) is the convolution operator, k is an index of the microphones, n is the sample index,

gk is the impulse response of the filter function of the transmission paths from the sound
source to the ki microphone, and v is noise as received at the ki microphone. The impulse
response of filter function gk(n) of the transmission paths from the respective sound source to

the k' microphone includes room reverberations and the impulse response of the ki
directional transfer function.

[0053] One way of determining the impulse response of the transfer functions g(n) is to solve
the following minimization problem:

N
Y OB O RO RO
k=1

wherein N is the total number of microphones, and p is an integer, e.g. p = 2.

ar
g m) =

[0054] The minimization problem may also be solved for a set of selected microphones.

[0055] The minimization problem may also be solved in the frequency domain.

[0056] In a room with no, or insignificant, reverberations, the directional transfer function GX(f)
with the impulse response gk(n) may be determined as the ratio between the electronic

monaural signal in the frequency domain X(f) and the output signal of the k" microphone in the
frequency domain YX(f):

v(p)
k —
SO w

[0057] The impulse response §X(n) of the transfer function GK(f) may then be used as the
impulse response of the directional transfer function; or, the impulse response of the transfer

function §*(n) may be truncated to eliminate or suppress room reverberations and the

truncated impulse response §*(n) may be used as the impulse response of the directional
transfer function.

[0058] Subsequently, at each ear of the user, a selected one of the determined directional

transfer functions, §%(n) in the time domain and GK(f) in the frequency domain, of microphones
mounted at the ear in question, or a resulting directional transfer function determined from the
determined directional transfer functions of microphones mounted at the ear in question, may
then be used to filter the monaural signal before conversion of the filtered signal into a signal
that is transmitted to the ear at which the microphone in question is mounted so that the user
will perceive the filtered signal to arrive from the DOA of the sound source.

[0059] The determined directional transfer functions may also be compared with impulse
responses of HRTFs or approximate HRTFs to determine the HRTF or approximate HRTF that
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forms part of the determined directional transfer function and that HRTF or approximate HRTF
may then be used to filter the monaural signal before conversion of the filtered signal into a
signal that is transmitted to the ear at which the microphone in question is mounted, so that the
user will perceive the filtered signal to arrive from the DOA of the sound source.

[0060] Thus, a binaural hearing system is provided according to appended claim 1.

[0061] Each of the first and second sets of filtered microphone output signals comprises at
least one filtered microphone output signal, and each of the first and second sets of filtered
microphone output signals may comprise a filtered microphone output signal from each of the
microphones of the respective first and second sets of microphones. Rapid head movements
may be tracked with a head tracker, i.e. a device that is mounted in a fixed position with
relation to the head of the user so that the head tracker can detect head movements of the
user and output a tracking signal that is a function of head orientation and, possibly, head
position of the user.

[0062] The binaural hearing system may comprise a head tracker outputting a tracking signal
that may be used to adjust the DOA determined with the DOA estimator, whereby the delay
from head movement to corresponding adjustment of the DOA may be lowered.

[0063] The head tracker may be accommodated in one of the first and second housings of the
binaural hearing system; or, both the first and second housing may accommodate a head
tracker.

[0064] The head tracker may be accommodated in a separate housing of the binaural hearing
system, e.g., mounted to a headband of the binaural hearing system.

[0065] The head tracker may have an inertial measurement unit positioned for determining
head yaw, and optionally head pitch, and optionally head roll, when the user wears the hearing
device in its intended operational position on the user's head.

[0066] Head yaw, head pitch, and head roll may be determined utilizing a head coordinate
system. The head coordinate system may be defined with its centre located at the centre of the
user's head, which is defined as the midpoint of a line drawn between the respective centres of
the eardrums of the left and right ears of the user.

[0067] The x-axis of the head coordinate system may then point ahead through a centre of the
nose of the user, and the y-axis may point towards the left ear through the centre of the left
eardrum), and the z-axis may point upwards.

[0068] Head yaw is the angle between the x-axis of the head coordinate system, i.e. the
forward looking direction of the user, projected onto a horizontal plane at the location of the
user, and a horizontal reference direction, such as Magnetic North or True North. Thus like
azimuth of the DOA, head yaw is a horizontal angle and for a non-moving sound source a
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change in head yaw leads to the same change in azimuth of the corresponding DOA.

[0069] Head pitch is the angle between the x-axis of the head coordinate system and the
horizontal plane.

[0070] Head roll is the angle between the y-axis and the horizontal plane.

[0071] The head tracker may have tri-axis MEMS gyros that provide information on head yaw,
head pitch, and head roll in addition to tri-axis accelerometers that provide information on three
dimensional displacement of the head of the user in a way well-known in the art.

[0072] Thus, with the head tracker, the user's current position and head orientation can be
provided for processing in the binaural hearing system.

[0073] The head tracker may also have a magnetic compass in the form of a tri-axis
magnetometer facilitating determination of head yaw with relation to the magnetic field of the
earth, e.g. with relation to Magnetic North.

[0074] For example, when the head tracker has detected no, or insignificant, head movements
during determination of the transfer functions of the binaural filter based on the electronic
monaural signal as disclosed above, the determined transfer functions are used to filter the
monaural signal and subsequently, when head movements are detected by the head tracker,
the determined transfer functions are modified in accordance with the changed orientation of
the head of the user as detected by the head tracker, e.g. the azimuth of the DOA is changed
in accordance with the detected change of head yaw.

[0075] In other words, the DOA of the sound source in question may be determined based on
the tracking signal output by the head tracker that is calibrated based on the electronic
monaural signal whenever the head of the user is kept still.

[0076] Throughout the present disclosure, the words "adapt" and "configure" are used
synonymously and may substitute each other.

[0077] The binaural hearing system may comprise a head worn device, such as a headset, a
headphone, an earphone, an ear defender, an earmuff, etc., e.g. of the following types: Ear-
Hook, In-Ear, On-Ear, Over-the-Ear, Behind-the-Neck, Helmet, Headguard, etc., a binaural
hearing aid with hearing aids of any type, such as Behind-The-Ear (BTE), Receiver-In-the-Ear
(RIE), In-The-Ear (ITE), In-The-Canal (ITC), Completely-In-the-Canal (CIC), etc.

[0078] Various positioning of microphones and output transducers in the above-mentioned
head worn devices are well-known in the art of head worn devices,

[0079] The first and second sets of microphones may be sets of omni-directional microphones,
e.g., omni-directional front and rear microphones for conversion of sound arriving at the
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microphones into respective microphone output signals that can, e.g. selectively, be used to
form a directional characteristic as is well-known in the art of head worn devices, such as
hearing aids.

[0080] For In-The-Ear (ITE), In-The-Canal (ITC), Completely-In-the-Canal (CIC), hearing
devices, such as hearing aids, each of the housings may also accommodate the output
transducer, e.g. a receiver for conversion of a transducer audio signal supplied to the receiver
into sound propagating as an acoustic wave towards an eardrum of the user. For Behind-The-
Ear (BTE) hearing devices, such as hearing aids, adapted to be worn behind the pinna of the
user, each of the housings also accommodates the output transducer, e.g. the receiver, and
further has a sound tube connected to the housing for propagation of the sound output by the
receiver through the sound tube to an earpiece positioned and retained in the ear canal of the
user and having an output port for transmission of the sound to the eardrum of the user.

[0081] Receiver-In-the-Ear (RIE) hearing devices, such as hearing aids, have housings that
area similar to the housings of the BTE hearing devices apart from the fact that the receiver
has been moved to the earpiece and therefore the sound tube has been substituted by an
audio signal transmission member that comprises electrical conductors for propagation of the
transducer audio signal to the receiver positioned in the earpiece for emission of sound
through an output port of the earpiece towards the eardrum of the user.

[0082] Some hearing devices with the earpiece also have one or more microphones that are
accommodated in the earpiece.

[0083] The binaural hearing system may comprise a hearing prosthesis with an implantable
device, such as a cochlear implant (Cl), wherein the output transducer is an electrode array
implanted in the cochlea for electronic stimulation of the cochlear nerve that carries auditory
sensory information from the cochlea to the brain as is well-known in the art of cochlear
implants.

[0084] The binaural hearing system may comprise a body worn device that is adapted or
configured for communication with other parts of the binaural hearing system and for
performing at least a part of the signal processing of the binaural hearing system, and may
comprise a user interface, or part of a user interface, of the binaural hearing system.

[0085] The body worn device may be a hand-held device, such as a tablet PC, such as an
IPAD, mini-IPAD, etc., a smartphone, such as an IPhone, an Android phone, a windows phone,
etc., etc.

[0086] The one or more DOA estimators; or, parts of the one or more DOA estimators; and/or,
the binaural filter; or, parts of the binaural filters; and/or other parts of the processing circuitry
of the binaural hearing system may be included in the body worn device that is interconnected
with other parts of the binaural hearing system.
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[0087] The parts of the circuitry of the binaural hearing system included in the body worn
device may benefit from the larger computing resources and power supply typically available in
a body worn device as compared with the limited computing resources and power that may be
available in the binaural hearing system, in particular when the binaural hearing system
comprise a binaural hearing aid.

[0088] The body worn device may accommodate a user interface adapted for user control of
at least part of the binaural hearing system.

[0089] The body worn device may function as a remote control of the binaural hearing system.

[0090] The body worn device may have an interface for connection with a Wide-Area-Network,
such as the Internet.

[0091] The body worn device may access the Wide-Area-Network through a mobile telephone
network, such as GSM, [S-95, UMTS, CDMA-2000, etc.

[0092] The binaural hearing system may comprise a data interface for transmission of control
signals from the body worn device to other parts of the binaural hearing system.

[0093] The data interface may be a wired interface, e.g. a USB interface, or a wireless
interface, such as a Bluetooth interface, e.g. a Bluetooth Low Energy interface.

[0094] The electronic monaural signal receiver may be a radio device that is adapted for
reception of radio signals, e.g. for reception of streamed audio in general, such as streamed
music and speech.

[0095] The electronic monaural signal receiver may be adapted to retrieve digital data from the
received electronic monaural signal, including digital audio, possible transmitter identifiers,
possible network control signals, etc., and forward the retrieved digital data to other parts of
the binaural hearing system for processing, or for control of the processing.

[0096] The received electronic monaural signal may include signals from a plurality of
monaural signal transmitters and thus, the received electronic monaural signal may form a
plurality of signals forwarded to other parts of the binaural hearing system, such as DOA
estimators disclosed below, e.g. one electronic monaural signal forwarded to one DOA
estimator for each monaural signal transmitter.

[0097] The received electronic monaural signal may also contain data relating to the identity of
the monaural signal transmitter. The electronic monaural signal receiver may be adapted to
extract these data from the received electronic monaural signal so that the received electronic
monaural signal can be separated into the plurality of electronic monaural signals, namely one
for each monaural signal transmitter.
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[0098] In order for the binaural hearing system to be capable of imparting sense of direction
towards a sound source associated with a monaural signal transmitter to the respective
electronic monaural signal, the binaural hearing system may comprise a DOA estimator that is
adapted for estimating the DOA of sound from the sound source associated with the monaural
signal transmitter in question based on cross-correlating each of the first and second sets of
microphone output signals with the respective electronic monaural signal for provision of
respective first and second sets of filtered microphone output signals for enhancement of the
at least a part of the first and second sets of microphone output signals that correspond to the
electronic monaural signal, and estimating the DOA based on the first and second sets of
filtered microphone output signals.

[0099] The electronic monaural signal has a high signal-to-noise ratio because it is generated
by the monaural signal transmitter without interfering noise; or with very little interfering noise.

[0100] With the binaural hearing system, spatial cues relating to a specific sound source
associated with a specific monaural signal transmitter can be obtained even in very noisy
sound environments and can also be obtained selectively in sound environments with a
plurality of sound sources, each of which are associated with a respective monaural signal
transmitter.

[0101] With the binaural hearing system, spatial cues relating to the specific sound source
associated with the specific monaural signal transmitter are obtained by correlating output
signals of the microphones of the binaural hearing system with the electronic monaural signal
originating from the specific monaural signal transmitter in a correlating filter that outputs a
filtered microphone output signal in which parts of the output signals that are not related to the
electronic monaural signal of the specific monaural signal transmitter have been suppressed or
eliminated, or in other words parts of the output signals of the microphones that correspond to
the electronic monaural signal of the specific monaural signal transmitter, are enhanced.

[0102] The correlating filter may be a matched filter having an impulse response h(t) that is
equal to the electronic monaural signal from the monaural signal transmitter of which it is
desired to obtain spatial cues, possibly reversed in time.

[0103] Thus, in a sound environment with a plurality of sound sources associated with
respective monaural signal transmitters generating electronic monaural signals, a selected one
of the received electronic monaural signals may be denoted Rm_n(t), wherein Rm is an
abbreviation of Received monaural, n is an index number of the monaural signal transmitter in
question, and t is time. If it is desired to obtain spatial cues relating to the sound source
associated with the monaural signal transmitter generating Rm_n(t), one or more output
signals formed by the one or more microphones positioned at the left ear of the user and one
or more output signals formed by the one or more microphones at the right ear of the user are

filtered by respective correlating filters with the impulse response:
h(t) = Rm_n(-t) ;

or,

h(t) =Rm n(b.
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[0104] In this way, parts of the output signals of the microphones that correspond to the
selected one of the plurality of electronic monaural signals Rm_n(t) are enhanced in the filtered
microphone output signals, and the estimation of the DOA of sound emitted by the sound
source associated with the monaural signal transmitter from which the selected one of the
received electronic monaural signals Rm_n(t) originates, is subsequently based on the filtered
microphone output signals for selective DOA estimation and improved estimation accuracy due
to the reduced influence of noise and other electronic monaural signals than the selected one
of the electronic monaural signals.

[0105] Thus, each of the correlating filters performs the following filtering function:
F(t) = Mic (t) * Rm_n(-t),
wherein

F(t) is the filtered microphone output signal,

Mic(t) is one of the output signals formed by the one or more microphones positioned at the
left ear of the user or one of the output signals formed by the one or more microphones at the
right ear of the user,

Rm_n(-t) is the selected time reversed electronic monaural signal, and

the operator * is the convolution operator.

[0106] Alternatively, the correlating filter may also convolve the microphone output signal Mic(t)
with Rm_n(t) without reversing time.

[0107] In the following, the filter operation of the correlating filter is denoted a cross-correlation
of the microphone output signal Mic(t) with the selected one of the received electronic
monaural signals Rm_n(t).

[0108] Thus, the output F(t) of the cross-correlation of the microphone output signal Mic(t) with
the selected one of the received electronic monaural signals Rm_n(t) may be

F(t) = Mic () * Rm_n(-t);

or,

F(t) = Mic (t) * Rm_n(t).

[0109] The time reversed electronic monaural signal may be time shifted with an arbitrary
constant T to ensure that the correlating filter is a causal filter so that the output F(t) of the
cross-correlation of the microphone output signal Mic(t) with the selected one of the received

electronic monaural signals Rm_n(t) may be
F(t) = Mic (t) * Rm_n(T - t).
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[0110] The binaural hearing system may receive a single electronic monaural signal and the
method of estimating the DOA may be performed for the single electronic monaural signal.

[0111] The binaural hearing system may receive a plurality of electronic monaural signals and
the method of estimating the DOA may be performed for a selected electronic monaural signal
of the plurality of electronic monaural signals; or for a set of selected electronic monaural
signals of the plurality of electronic monaural signals; or for all of the electronic monaural
signals of the plurality of electronic monaural signals.

[0112] An interaural time difference (ITD) between acoustic reception of sound of the sound
source associated with the monaural signal transmitter from which the selected one of the
electronic monaural signals originates, at the left ear and the right ear of the user wearing the
binaural hearing system may be determined based on the filtered microphone output signals
provided by the correlating filters, i.e. the filtered output signals of microphones positioned at
the left ear and the right ear, respectively, when the user wears the binaural hearing system.

[0113] The ITD is determined by cross-correlating a filtered microphone output signal provided
by one of the correlating filters based on one output signal formed by the one or more
microphones positioned at the left ear when the user wears the binaural hearing system with a
filtered microphone output signal provided by another one of the correlating filters based on
one output signal formed by the one or more microphones positioned at the right ear when the
user wears the binaural hearing system. Cross-correlating may be performed for a plurality of
filtered microphone output signals and the results may be added to form a resultant cross-
correlation output.

[0114] The ITD is then be determined as the time lag 1, at which the cross-correlation output,

possibly, the resultant cross-correlation output, has a maximum. The determined ITD may be
applied to the electronic monaural signal in question, i.e. the electronic monaural signal may be
delayed by the determined ITD and provided to one of the ears while the electronic monaural
signal is provided to the other ear without delay, wherein the ear that is presented with the
delayed electronic monaural signal is selected in correspondence with the ITD determination.
In this way, some sense of direction is conveyed to the user.

[0115] A corresponding interaural level difference ILD may be calculated from the ITD, e.g.
based on the different lengths of the propagation paths to the ears of the user and/or head
shadow and diffraction effects, and the ILD may be applied to the electronic monaural signal in
question, i.e. the electronic monaural signal may be attenuated the determined ILD and
provided to one of the ears while the electronic monaural signal is provided to the other ear
without attenuation, wherein the ear that is presented with the attenuated electronic monaural
signal is selected in correspondence with the ILD determination. In this way, the sense of
direction conveyed to the user is improved.
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[0116] There is no unique mapping of the determined ITD to the DOA, e.g. the azimuth ¢. For
example, a sound source in a specific position behind the user and another sound source in a
corresponding position in front of the user may result in the same ITD.

[0117] In order to determine whether a sound source associated with a monaural signal
transmitter is located in front of or behind the user, filtered microphone output signals of
differently positioned microphones positioned at the same ear of the user may be cross-
correlated.

[0118] Cross-correlating may be performed for a plurality of filtered microphone output signals
and the results may be added to form a resultant cross-correlation output.

[0119] The time lag T, at which the cross-correlation, e.g. the resultant cross-correlation, has
a maximum may then be determined. The sign of T,, determines whether the sound source n

is located in front of the user or behind the user.

[0120] Based on T, and possibly To,, the DOA of the sound source associated with the

monaural signal transmitter from which the electronic monaural signal originates may be
determined, e.g. by table look-up.

[0121] Based on the estimated DOA, e.g. azimuth ¢, a corresponding binaural filter may be
selected that has a directional transfer function corresponding to the estimated DOA and that is
adapted to output signals based on the electronic monaural signal and intended for the right
ear and left ear of the user, wherein the output signals are phase shifted with a phase shift with
relation to each other in order to introduce the ITD based on and corresponding to the
estimated DOA, whereby the perceived position of the sound source associated with the
corresponding monaural signal transmitter is shifted outside the head and laterally with relation
to the orientation of the head of the user of the binaural hearing aid system.

[0122] Alternatively, or additionally, the binaural filter may be adapted to output signals based
on the electronic monaural signal and intended for the right ear and left ear, respectively, of the
user, wherein the output signals are equal to the electronic monaural signal multiplied with a
right gain and a left gain, respectively; in order to obtain an ILD based on and corresponding to
the estimated DOA, whereby the sense of direction perceived by the user is enhanced.

[0123] For example, the binaural filter may have a selected HRTF with a directional transfer
function that corresponds to the estimated DOA so that the user perceives the received
electronic monaural signal to be emitted by the sound source at its current position with
relation to the user.

[0124] The HRTF may be selected from a set of HRTFs that have been individually
determined for the user; or, the HRTF may be selected form a set of approximate HRTFs, e.g.
as determined with a KEMAR head, or otherwise as an average of HRTFs for a population of
humans.
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[0125] The selected HRTF for a specific DOA may be calculated from other HRTFs for other
DOAs, e.g. by interpolation.

[0126] HRTFs may be selected for a plurality of electronic monaural signals originating from
different monaural signal transmitters, and the filtered microphone output signals for the left
ear and the right ear, respectively, may be added, and the added filtered microphone output
signals may be provided to the left ear and the right ear, respectively, whereby the user
perceives to hear each of the electronic monaural signals from the respective directions
towards the different sound sources associated with respective monaural signal transmitters
from which the respective electronic monaural signals originate.

EXAMPLE

[0127] In the following, the method of estimating the DOA to an n'" sound source associated
with an n'" monaural signal transmitter of a plurality of N monaural signal transmitters residing

in the sound environment of the user is explained in more detail. The ni" sound source may be
a speaking human using a spouse microphone for wireless emission of the electronic monaural
signal containing the speech.

[0128] The binaural hearing system has first and second housings to be worn at the left ear
and the right ear, respectively, of the user. Each of the housings accommodates two omni-
directional microphones, namely a front microphone and a rear microphone that can be used
to form a directional microphone array at each ear of the user as is well-known in the art of
hearing aids.

[0129] In a first step of the method, the microphone signals are correlated with the nt

electronic monaural signal Rm_n(t) in order to enhance the sound emitted by the n" monaural
signal transmitter in the microphone signals. Thus, the following correlations are performed:

Left ear:
EF_LF(t) = Hi_LF(t) * Rm_n(-t)

EF_LR(t) = Hi_LR(t) * Rm_n(-t)

Right ear:
EF_RF(t) = Hi_RF(t) * Rm_n(-f)

EF_RR(t) = H_RR(t) * Rm_n(-t)

wherein

Hi_LF(t) is the output signal of the front microphone at the left ear, and

EF_LF(t) is the corresponding output signal of the correlating filter established for the front
microphone at the left ear;
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Hi_LR is the output signal of the rear microphone at the left ear, and

EF_LR(t) is the corresponding output signal of the correlating filter established for the rear
microphone at the left ear;

Hi_RF is the output signal of the front microphone at the right ear, and

EF_RF(t) is the corresponding output signal of the correlating filter established for the front
microphone at the right ear;

Hi_RR is the output signal of the rear microphone at the right ear, and

EF_RR(t) is the corresponding output signal of the correlating filter established for the rear
microphone at the right ear;

*is the convolution operator.

[0130] Alternatively, the cross-correlation can also be performed without time reversing the
electronic monaural signal Rm_n.

[0131] In a next step of the method, the ITD is determined by cross-correlating enhanced
signals of microphones worn at different ears, i.e. cross-correlating EF_LF with EF_RF and
cross-correlating EF_LR with EF_RR, and adding the results of the cross-correlations to form
S(b):

S(t)=EF_LF(t) * EF_RF(-t) + EF_LR(t) * EF_RR(-t)

[0132] Then, the time lag T, where S(t) has maximum is determined.

[0133] T, is the ITD of the acoustic sound from the ni" monaural signal transmitter when

received at the microphones worn at the left and right ears, respectively, of the user.

[0134] In a next step of the method, it is determined whether the nt" sound source associated

with the n'" monaural signal transmitter resides in front of the user or behind the user by cross-
correlating the enhanced signals of front and rear microphones of the same ear, i.e. cross-
correlating EF_LF with EF_LR and cross-correlating EF_RF with EF_RR, and adding the

results of the cross-correlations to form U(t):
U(t)=EF_LF(1) * EF_LR(-t) + EF_RF(t) * EF_RR(-1)

[0135] Then, the time lag T,, where U(t) has maximum is determined.

[0136] The sign of T, determines if the n" sound source associated with the ni" monaural

signal transmitter is located in front of, or behind, the user.

[0137] Based on T,, and T, and a table look-up, the azimuth ¢, of the DOA of the n'" sound

source is determined.
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[0138] Using a table look-up (using e.g. a KEMAR HRTF database) the corresponding HRTF
can be selected: HRTF_L(9p, 1), HRTF_R(®y, t), wherein HRTF_L is the left ear part of the

HRTF and HRTF_R is the right ear part of the HRTF.

[0139] The information on the DOA is imparted onto the n! electronic monaural signal Rm_n(t)

from the ni" monaural signal transmitter by filtering the nt electronic monaural signal Rm_n(t)

with the selected HRTF:
Yn_L(t) = HRTF_L{¢, t) * Rm_n(t)

Yn_R({)=HRTF_R(¢n, 1) * Rm_n(t)
and providing Yn_L(t) to the left ear of the user and Yn_R(t) to the right ear of the user.

[0140] In this way, the user perceives to listen to the n'" electronic monaural signal Rm_n(t) as

if the signal is arriving from the DOA of the ni" sound source.

[0141] In this example, this is repeated for all N sound sources and associated monaural
signal transmitters residing in the sound environment of the user and transmitting respective
electronic monaural signals to the binaural hearing system.

[0142] For each monaural signal transmitter of the N monaural signal transmitters, the
microphone signals are correlated with the respective n' electronic monaural signal Rm_n(t) in
order to enhance the sound emitted by the ni" monaural signal transmitter in the microphone

signals, and the respective azimuth ¢, of the DOA of the ni" sound source is determined and

the corresponding n!" HRTF is selected for filtering the respective ni" electronic monaural
signal Rm_n(t) in order to impart spatial cues corresponding to the respective azimuth ¢, onto

the nt electronic monaural signal Rm_n(t).

[0143] Finally, the resulting signals are added to form Y_L(t) and Y_R(t) provided to the left

and right ears, respectively, of the user:
Y_LE) = Y1_L({) + Y2_L(t) +...+ Yn_L{t) +...+ YN_L({)

Y_R(t) = YI_R(t) + Y2_R(t) +...+ Yn_R(t) +...+ YN_R(1).

[0144] In this way, the user perceives to listen to each of the N electronic monaural signals

Rm_n(t) as if each of the signals is arriving from the DOA of the respective n' sound source.
Thus, the user will be able to separate individual sound sources associated with respective
monaural signal transmitters and, e.g. focus his or her listening on a selected sound source.
Further, the user's ability to understand speech is improved due to the externalization of the
electronic monaural signals, and the user's ability to understand speech from one sound
source of a plurality of simultaneously speaking sound sources is improved.
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[0145] The binaural hearing system may have an antenna and a wireless receiver connected
to the antenna for reception of one or more electronic monaural signals encoded for wireless
transmission to the binaural hearing system. The wireless receiver is adapted to retrieve the
one or more electronic monaural signals from the received encoded signal. The received
encoded signal may contain the one or more electronic monaural signals in digitized form
possibly together with identifiers of the electronic monaural signal transmitter so that electronic
monaural signals from different monaural signal transmitters can be separated and each of the
electronic monaural signals can be provided to a respective separate DOA estimator.

[0146] Thus, the binaural hearing system may comprise a plurality of DOA estimators, one for
each monaural signal transmitter in the sound environment.

[0147] Each of the DOA estimators may be adapted for cross-correlating microphone signals
selected from at least one of the first and second set of microphone output signals and for
determining whether the sound source associated with the monaural signal transmitter is
located in front of the user or behind the user based on the cross-correlating.

[0148] Each of the DOA estimators may be adapted for determining a first time-lag at which a
result of the cross-correlating has a maximum, and for determining whether the sound source
associated with the monaural signal transmitter is located in front of the user or behind the
user based on the sign of the first time-lag.

[0149] Each of the DOA estimators may be adapted for cross-correlating microphone output
signals selected from the first set of microphone output signals with microphone output signals
selected from the second set of microphone output signals, and for estimating the DOA based
on the cross-correlating.

[0150] Each of the DOA estimators may be adapted for determining a second time-lag at
which a result of the cross-correlating of microphone output signals selected from the first set
of microphone output signals with microphone output signals selected from the second set of
microphone output signals has a maximum, and for determining the interaural time difference
as the second time-lag.

[0151] Each of the DOA estimators may be adapted for determining the DOA based on the
interaural time difference.

[0152] Each of the DOA estimators may be adapted for determining the DOA based on the
interaural time difference and the sign of the first time-lag.

[0153] The binaural hearing system may comprise
a binaural filter for filtering the electronic monaural signal and adapted to output first and
second output signals each of which is selected from the group of signals consisting of:

the electronic monaural signal phase shifted with a phase shift based on the estimated DOA,



DK/EP 3468228 T3

the electronic monaural signal multiplied with a gain based on the estimated DOA, and

the electronic monaural signal multiplied with a gain and phase shifted with a phase shift,
wherein the gain and phase shift are based on the estimated DOA, and wherein

the first and second output signals are supplied to the first and second output transducers
constituting the first and second transducer audio signals, respectively, whereby the user
perceives to hear the converted electronic monaural signal as arriving from the estimated
DOA.

[0154] The binaural filter may be adapted for providing first and second output signals that are
equal to the electronic monaural signal, but phase shifted by different respective amounts and
thereby phase shifted with relation to each other with an amount corresponding to the ITD.

[0155] The binaural filter may alternatively or additionally be adapted for providing output
signals that are equal to the input signal, but multiplied with different respective gains to obtain
an ILD that corresponds to the estimated DOA.

[0156] The binaural filter may have a directional transfer function that is equal to an HRTF that
has been determined individually for the user of the binaural hearing system for the estimated
DOA or an HRTF that approximates an individually determined HRTF and that is determined
for e.g. an artificial head, such as a KEMAR head. In this way, an approximation to the
individual HRTF is provided that can be of sufficient accuracy for the user of the binaural
hearing system to maintain sense of direction when wearing the binaural hearing system.

[0157] The binaural filter may be adapted for individually processing the electronic monaural
signal in a plurality of frequency channels.

[0158] The binaural hearing system may have a plurality of binaural filters with different
directional transfer functions applied to different electronic monaural signals corresponding to
the respective estimated DOAs.

[0159] The first and second hearing devices may be hearing aids comprising a hearing loss
processor that is adapted for compensation of a hearing loss of the user.

[0160] The binaural hearing system may comprise a binaural hearing aid comprising multi-
channel first and/or second hearing aids in which the signals are divided into a plurality of
frequency channels for individual processing of at least some of the signals in each of the
frequency channels.

[0161] The plurality of frequency channels may include warped frequency channels, for
example all of the frequency channels may be warped frequency channels.

[0162] The binaural hearing aid may additionally provide circuitry used in accordance with
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other conventional methods of hearing loss compensation so that the new circuitry or other
conventional circuitry can be selected for operation as appropriate in different types of sound
environment. The different sound environments may include speech, babble speech,
restaurant clatter, music, traffic noise, etc.

[0163] The binaural hearing aid may for example comprise a Digital Signal Processor (DSP),
the processing of which is controlled by selectable signal processing algorithms, each of which
having various parameters for adjustment of the actual signal processing performed. The gains
in each of the frequency channels of a multi-channel hearing aid are examples of such
parameters.

[0164] One of the selectable signal processing algorithms operates in accordance with the
method of imparting spatial cues to one or more electronic monaural signals explained above.

[0165] For example, various algorithms may be provided for conventional noise suppression,
i.e. attenuation of undesired signals and amplification of desired signals.

[0166] Microphone output signals obtained from different sound environments may possess
very different characteristics, e.g. average and maximum sound pressure levels (SPLs) and/or
frequency content. Therefore, each type of sound environment may be associated with a
particular program wherein a particular setting of algorithm parameters of a signal processing
algorithm provides processed sound of optimum signal quality in a specific sound environment.
A set of such parameters may typically include parameters related to broadband gain, corner
frequencies or slopes of frequency-selective filter algorithms and parameters controlling e.g.
knee-points and compression ratios of Automatic Gain Control (AGC) algorithms.

[0167] Signal processing characteristics of each of the algorithms may be determined during
an initial fitting session in a dispenser's office and programmed into the binaural hearing aid in
a non-volatile memory area.

[0168] The binaural hearing aid may have a user interface, e.g. buttons, toggle switches, etc.,
of the hearing aid housings, or a remote control, so that the user of the binaural hearing aid
can select one of the available signal processing algorithms to obtain the desired hearing loss
compensation in the sound environment in question.

[0169] Typically, analogue signals are made suitable for digital signal processing by conversion
into corresponding digital signals in an analogue-to-digital converter whereby the amplitude of
the analogue signal is represented by a binary number. In this way, a discrete-time and
discrete-amplitude digital signal in the form of a sequence of digital values represents the
continuous-time and continuous-amplitude analogue signal.

[0170] Throughout the present disclosure, one signal is said to represent another signal when
the one signal is a function of the other signal, for example the one signal may be formed by
analogue-to-digital conversion, or digital-to-analogue conversion of the other signal; or, the
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one signal may be formed by conversion of an acoustic signal into an electronic signal or vice
versa; or the one signal may be formed by analogue or digital filtering or mixing of the other
signal; or the one signal may be formed by transformation, such as frequency transformation,
etc., of the other signal; etc.

[0171] Further, signals that are processed by specific circuitry, e.g. in a processor, may be
identified by a name that may be used to identify any analogue or digital signal forming part of
the signal path of the signal in question from its input of the circuitry in question to its output of
the circuitry. For example an output signal of a microphone, i.e. the microphone audio signal,
may be used to identify any analogue or digital signal forming part of the signal path from the
output of the microphone to its input to the receiver, including any processed microphone
audio signals.

[0172] The binaural hearing system may additionally provide circuitry used in accordance with
other conventional methods of, e.g. hearing loss compensation, noise suppression, etc., so
that the new circuitry or other conventional circuitry can be selected for operation as
appropriate in different types of sound environment. The different sound environments may
include speech, babble speech, restaurant clatter, music, traffic noise, etc.

[0173] The binaural hearing system may for example comprise a Digital Signal Processor
(DSP), the processing of which is controlled by selectable signal processing algorithms, each of
which having various parameters for adjustment of the actual signal processing performed.
The gains in each of the frequency channels of a multi-channel hearing system are examples
of such parameters.

[0174] One of the selectable signal processing algorithms operates in accordance with the
method disclosed herein.

[0175] For example, various algorithms may be provided for conventional noise suppression,
i.e. attenuation of undesired signals and amplification of desired signals.

[0176] Signal processing in the binaural hearing system may be performed by dedicated
hardware or may be performed in a signal processor, or performed in a combination of
dedicated hardware and one or more signal processors.

[0177] As used herein, the terms "processor”, "signal processor”, "controller”, "system", etc.,
are intended to refer to CPU-related entities, either hardware, a combination of hardware and
software, software, or software in execution. The term processor may also refer to any
integrated circuit that includes some hardware, which may or may not be a CPU-related entity.
For example, in some embodiments, a processor may include a filter.

[0178] For example, a "processor"”, "signal processor”, "controller”, "system", etc., may be, but
is not limited to being, a process running on a processor, a processor, an object, an executable
file, a thread of execution, and/or a program.
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[0179] By way of illustration, the terms "processor”, "signal processor”, "controller”, "system",
etc., designate both an application running on a processor and a hardware processor. One or
more “"processors”, "signal processors”, "controllers”, "systems" and the like, or any
combination hereof, may reside within a process and/or thread of execution, and one or more
"processors”, "signal processors", "controllers”, "systems", etc., or any combination hereof,
may be localized on one hardware processor, possibly in combination with other hardware
circuitry, and/or distributed between two or more hardware processors, possibly in combination

with other hardware circuitry.

[0180] Also, a processor (or similar terms) may be any component or any combination of
components that is capable of performing signal processing. For examples, the signal
processor may be an ASIC processor, a FPGA processor, a general purpose processor, a
microprocessor, a circuit component, or an integrated circuit.

[0181] In the following, preferred embodiments of the invention is explained in more detail with
reference to the drawing, wherein

Fig. 1
shows an exemplary sound environment in which the binaural hearing system may be
advantageously utilized,

Fig. 2
shows a block diagram of one exemplified DOA estimator of the binaural hearing
system, and

Fig. 3
shows a block diagram of an exemplified binaural hearing system.

[0182] The new method and binaural hearing system wil now be described more fully
hereinafter with reference to the accompanying drawings, in which various examples of the
new binaural hearing aid system are shown. The new method and binaural hearing aid system
may, however, be embodied in different forms and should not be construed as limited to the
examples set forth herein. Rather, these examples are provided so that this disclosure will be
thorough and complete, and will fully convey the scope of the invention to those skilled in the
art.

[0183] It should be noted that the accompanying drawings are schematic and simplified for
clarity, and they merely show details which are essential to the understanding of the invention,

while other details have been left out.

[0184] Like reference numerals refer to like elements throughout. Like elements will, thus, not
be described in detail with respect to the description of each figure.

[0185] Fig. 1 shows schematically an example of a binaural hearing system 100 according to
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the appended set of claims in a sound environment 1000 with two exemplary monaural signal
transmitters of the first and second types, namely a spouse microphone 1100 worn by a
human speaker 1200 and a streaming unit 1400 of a TV 1300.

[0186] The illustrated first type of monaural signal transmitters, i.e. the spouse microphone
1100, is a body-worn device, typically attached to the clothing with a mounting clip or hanging
around the neck using a lanyard. The spouse microphone 1100 is intended to be worn with a
short distance to the mouth of the human speaker 1200 wearing the spouse microphone 1100.

[0187] The spouse microphone 1100 has a microphone 1110 for reception of speech spoken
by the human speaker 1200 and a streaming unit 1130 for receiving an output signal 1112 from
the microphone 1110 and for conversion of the output signal 1112 into an electronic monaural
signal in the form of digital audio and for encoding the digital audio for wireless transmission
1116 to the binaural hearing system 100 via the antenna 1114 emitting radio waves 1116.

[0188] The binaural hearing system 100 is adapted for reproducing the speech to its user
1500 based on the electronic monaural signal as received and decoded by a wireless receiver
(not shown) of the binaural hearing system 100. The speech is also propagating as an acoustic
wave 1120 towards the user 1500 and the binaural hearing system 100.

[0189] The propagation paths of the acoustic wave 1120 towards the user 1500 and towards
the spouse microphone 1100 are indicated by dashed lines.

[0190] The illustrated second type of monaural signal transmitters, i.e. the TV 1300, has one
or more loudspeakers 1310 that convert a source signal 1320 to sound that propagates as an
acoustic wave 1330 towards the binaural hearing system 100 and thus, the monaural signal
transmitter of this type also comprises the sound source, namely the loudspeaker 1310. The
monaural signal transmitter 1300 of this type generates the electronic monaural signal based
on the same source signal 1320 that is converted into the sound that propagates as an
acoustic wave 1330 towards the binaural hearing system 100.

[0191] The TV 1300 also has a streaming unit 1400 for conversion of the source signal 1320
into an electronic monaural signal in the form of digital audio and for encoding the digital audio
for wireless transmission to the binaural hearing system 100 via the antenna 1414 emitting
radio waves 1416. The binaural hearing system 100 is adapted for reproducing the source
signal 1320 to its user 1500 based on the electronic monaural signal as received and decoded
by the wireless receiver (not shown) of the binaural hearing system 100.

[0192] The forward looking direction of the user 1500 is indicated by arrow 1510. The forward
looking direction 1510 is defined by a virtual line drawn through the centre of the user's head
and through a centre of the nose of the user 1500. The DOA of the acoustic wave 1120
propagating from the human 1200 to the user 1500 is indicated by curved arrow 1520.

[0193] The angle indicated by curved arrow 1520 is the azimuth ¢ of the DOA. Azimuth is the
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perceived angle ¢ of direction towards the monaural signal transmitter 1130, 1400 projected
onto the horizontal plane with reference to the forward looking direction 1510 of the user 1500.
The forward looking direction is defined by a virtual line drawn through the centre of the user's
head and through a centre of the nose of the user 1500. Thus, a monaural signal transmitter
located in the forward looking direction of the user has an azimuth value of ¢ = 0°, and a
monaural signal transmitter located directly in the opposite direction has an azimuth value of ¢
=180°. A monaural signal transmitter located in the left side of a vertical plane perpendicular to
the forward looking direction of the user 1500 has an azimuth value of ¢ = - 90°, while a
monaural signal transmitter located in the right side of the vertical plane perpendicular to the
forward looking direction of the user 1500 has an azimuth value of ¢ = + 90°.

[0194] In Fig. 1, the sound environment 1000 is shown from above so that the plane of the
paper is the horizontal plane.

[0195] The azimuth of the DOA of the acoustic wave 1330 propagating from the TV 1300 to
the user 1500 is indicated by curved arrow 1530.

[0196] The binaural hearing system 100 is capable of adding spatial cues to the respective
electronic monaural signals as received and decoded by the wireless receiver (not shown) of
the binaural hearing system 100. The added spatial cues correspond to the DOA of sound that
has propagated as an acoustic wave 1120, 1330 to the binaural hearing system 100, wherein
the sound is also reproduced in the binaural hearing system 100 based on the received
electronic monaural signals.

[0197] In the binaural hearing system 100, electronic monaural signals originating from
different monaural signal transmitters 1130, 1400 are presented to the ears of the user 1500 in
such a way that the user 1500 perceives the respective sound sources 1200, 1300 to be
positioned in their current respective DOAs in the sound environment 1000 of the user 1500.

[0198] In this way, the human's auditory system's binaural signal processing is utilized to
improve the user 1500's capability of separating signals from different monaural signal
transmitters 1130, 1300 and of focussing his or her attention and listening to a desired one of
the monaural signal transmitters 1130, 1300, or simultaneously listen to and understand more
than one of the monaural signal transmitters 1130, 1300.

[0199] Both users with normal hearing and users with hearing loss will experience benefits of
improved externalization and localization of sound sources when using the binaural hearing
system 100 thereby enjoying reproduced sound from externalized sound sources.

[0200] The illustrated binaural hearing system 100 comprises a head tracker 120. The head
tracker 120 is accommodated in a separate housing that is mounted to the headband 118 of
the binaural hearing system 100 so that the head tracker 120 can detect head movements of
the user 1500 and output a tracking signal that is a function of head orientation and head
displacement of the user 1500.
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[0201] In order to lower the delay from head movement to corresponding adjustment of the
otherwise determined DOA, the tracking signal is used to adjust the DOA.

[0202] The head tracker 120 has an inertial measurement unit for determining head yaw, head
pitch, and head roll, when the user 1500 wears the binaural hearing system 100 in its intended
operational position on the user 1500's head.

[0203] The head tracker 120 has tri-axis MEMS gyros (not shown) that provide information on
head yaw, head pitch, and head roll, and has tri-axis accelerometers that provide information
on three dimensional displacement of the head of the user 1500 in a way well-known in the art.

[0204] Thus, the head tracker 120 outputs a tracking signal containing information on the user
1500's current position and head orientation for processing in the binaural hearing system 100.

[0205] For example, when the head tracker 120 has detected no, or insignificant, head
movements during determination of the transfer functions of the binaural filter based on the
electronic monaural signal as disclosed above, the determined transfer functions are used to
filter the electronic monaural signal and subsequently, when head movements are detected by
the head tracker 120, the determined transfer functions are modified in accordance with the
changed orientation of the head of the user 1500 as detected by the head tracker 120, e.g. the
azimuth of the DOA is changed in accordance with the detected head yaw.

[0206] In other words, the DOA of the sound source in question may be determined based on
the tracking signal 124 output by the head tracker 120 that is calibrated based on the
electronic monaural signal 14 whenever the head of the user 1500 is kept still. In the binaural
hearing system 100, spatial cues are added to the respective electronic monaural signals
utilizing binaural filters with directional transfer functions.

[0207] For example, the electronic monaural signal (ref. numeral 14 in Fig. 2) is correlated with
the sound propagating as an acoustic wave 1120, 1330 to the binaural hearing system 100 as
received by microphones 24, 26, 28, 30 of the binaural hearing system 100 in order to
determine directional transfer functions from the respective sound source 1200, 1300 to each
of the microphones 24, 26, 28, 30, including the filter functions of the transmission paths from
the sound source 1200, 1300 to each of the respective microphones 24, 26, 28, 30.

[0208] At each ear of the user 1500, a selected one of the determined directional transfer
functions to microphones mounted at the ear in question, or a resulting directional transfer
function determined from the determined directional transfer functions to microphones 24, 26;
28, 30 mounted at the ear in question, may then be used to filter the electronic monaural signal
before conversion of the filtered signal into a signal that is transmitted to the ear at which the
microphone in question is mounted so that the user 1500 will perceive the filtered signal to
arrive from the DOA 1520, 1530 of the respective sound source 1200, 1300.
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[0209] For example, it is well-known that directional transfer functions of a microphone
positioned at the entrance to an ear canal of a user 1500 are good approximations to the
respective left ear part or right ear part of the corresponding HRTFs of the user 1500.

[0210] The determined directional transfer functions may then be compared with HRTFs or
approximate HRTFs to determine the HRTF or approximate HRTF that forms part of the
determined directional transfer function and that HRTF or approximate HRTF may then be
used to filter the electronic monaural signal before conversion of the filtered signal into a signal
that is transmitted to the ear at which the microphone in question is mounted so that the user
1500 will perceive the filtered signal to arrive from the DOA 1520, 1530 of the sound source
1200, 1300.

[0211] For example, sound propagation may be described by a linear wave equation with a
linear relationship between the electronic monaural signal and each of the output signals of the
microphones 24, 26, 28, 30.

[0212] For example, in the time domain for a time invariant system, the electronic monaural

signal x(n) and each of the output signals y*(n) fulfill the equation:

y(m) = g* () » x(n) + v (w),
where (*) is the convolution operator, k is an index of the microphones, i.e. in Fig. 1 k=1, 2, 3,

or 4, n is the sample index, g¥ is the impulse response of the filter function of the transmission
paths 1120, 1530 from the respective sound source 1200, 1300 to the K" microphone, and vk
is noise as received at the k! microphone. The impulse response of filter function gX(n) of the
transmission paths from the sound source 1200, 1300 to the K" microphone includes room

reverberations and the impulse response of the ki directional transfer function.

[0213] One way of determining the impulse response of the transfer functions g4(n) is to solve
the following minimization problem:

W
i, argmin Ky — gk o . p
Fw="" ;Ily () — g5(n) * x(n) + v* ()|

wherein N =4, namely the total number of microphones, and p is an integer, e.g. p = 2.
[0214] The minimization problem may also be solved for a set of selected microphones.

[0215] The minimization problem may also be solved in the frequency domain.

[0216] In a room with no, or insignificant, reverberations, the directional transfer function GX(f)
with the impulse response gk(n) may be determined as the ratio between the electronic
monaural signal in the frequency domain X(f) and the output signal of the k" microphone in the

frequency domain YK(f):

) YE(F)
k _
CHp) = X(H)
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[0217] The impulse response §%(n) of the transfer function GX(f) may then be used as the
impulse response of the directional transfer function; or, the impulse response of the transfer

function §*(n) may be truncated to eliminate or suppress room reverberations and the

truncated impulse response §*(n) may be used as the impulse response of the directional
transfer function.

[0218] Subsequently, at each ear of the user 1500, a selected one of the determined

directional transfer functions, §¥(n) in the time domain and GK(f) in the frequency domain, of
microphones mounted at the ear in question, or a resulting directional transfer function
determined from the determined directional transfer functions of microphones mounted at the
ear in question, may then be used to filter the electronic monaural signal before conversion of
the filtered signal into a signal that is transmitted to the ear at which the microphone in
question is mounted so that the user 1500 will perceive the filtered signal to arrive from the
DOA of the sound source.

[0219] The determined directional transfer functions may also be compared with impulse
responses of HRTFs or approximate HRTFs to determine the HRTF or approximate HRTF that
forms part of the determined directional transfer function and that HRTF or approximate HRTF
may then be used to filter the electronic monaural signal before conversion of the filtered signal
into a signal that is transmitted to the ear at which the microphone in question is mounted, so
that the user 1500 will perceive the filtered signal to arrive from the DOA of the sound source.

[0220] One example of determining directional transfer functions of the binaural filter is
explained in detail below.

[0221] Fig. 2 shows a block diagram of one example of a DOA estimator 10 of a binaural
hearing system 100 according to the appended claims.

[0222] The DOA estimator 10 has an input 12 for reception of an electronic monaural signal 14
provided by a wireless receiver (not shown) of the binaural hearing system 100 (not shown).
The wireless receiver (not shown) is adapted to receive the electronic monaural signal
wirelessly from the respective monaural signal transmitter (not shown) out of a possible
plurality of monaural signal transmitters (not shown). The monaural signal transmitter (not
shown) is configured for transmission of the electronic monaural signal to the binaural hearing
system 100, wherein the electronic monaural signal corresponds to sound emitted by a sound
source (not shown) and propagating to the binaural hearing system 100 (not shown). The
sound source (not shown) in question may be a speaking human (not shown) using a spouse
microphone 1100 (not shown) for wireless transmission of the electronic monaural signal
containing the speech to the binaural hearing system 100 (not shown).

[0223] The DOA estimator 10 has further inputs 16, 18, 20, 22 for connection with a right ear
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front microphone 24, a right ear rear microphone 26, a left ear front microphone 28 and a left
ear rear microphone 30.

[0224] The binaural hearing system 100 has first and second housings (not shown), namely a
right ear housing to be worn at the right ear of the user and a left ear housing to be worn at the
left ear of the user 1500. The right ear housing (not shown) accommodates the right ear front
microphone 24 and the right ear rear microphone 26, and the left ear housing (not shown)
accommodates the left ear front microphone 30 and the left ear rear microphone 28 that can
be used to form a directional microphone array at each ear of the user 1500 as is well-known,
e.g., in the art of hearing aids.

[0225] The DOA estimator 10 has four correlating filters 32, 34, 36, 38 each of which
correlates a respective one of the microphone output signals 40, 42, 44, 46 with the received
and decoded electronic monaural signal 14 in order to enhance the sound emitted by the
sound source (not shown) associated with the respective monaural signal transmitter (not
shown) in the microphone signals.

[0226] Thus, the following correlations are performed, wherein * is the convolution operator:

In correlating filter 32 (Right ear - front microphone 24):

EF_RF(t) = Hi_RF(t) * Rm_n(-f)

wherein Hi_RF(t) is the output signal 40 of the front microphone 24 at the right ear, and
EF_RF(t) is the corresponding enhanced output signal 48 of the correlating filter 32
established for the front microphone 24 at the right ear;

[0227] In correlating filter 34 (Right ear - rear microphone 26)

EF_RR(t) = H_RR(t) * Rm_n(-1)

wherein Hi_RR(t) is the output signal 42 of the rear microphone 26 at the right ear, and
EF_RR(t) is the corresponding enhanced output signal 50 of the correlating filter 34

established for the rear microphone at the right ear;

[0228] In correlating filter 36 (Left ear - rear microphone 28)

EF_LR(t) = Hi_LR(t) * Rm_n(-f)

wherein Hi_LR(t) is the output signal 44 of the rear microphone 28 at the left ear, and

EF_LR(t) is the corresponding enhanced output signal 52 of the correlating filter 36 established

for the rear microphone 28 at the left ear;

[0229] In correlating filter 38 (Left ear - front microphone 30)

EF_LF(t) = Hi_LF(t) * Rm_n(-t)

wherein Hi_LF(t) is the output signal 46 of the front microphone 30 at the left ear, and

EF_LF(t) is the corresponding enhanced output signal 54 of the correlating filter 38 established

for the front microphone 30 at the left ear.

[0230] Alternatively, the cross-correlation can also be performed without time reversing the
electronic monaural signal Rm_n(t).
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[0231] By correlating the output signals 40, 42, 44, 46 of the microphones 24, 26, 28, 30 with
the electronic monaural signal 14 from the respective monaural signal transmitter in the
respective correlating filters 32, 34, 36, 38, the correlating filters 32, 34, 36, 38 provide
enhanced output signals 48, 50, 52, 54 in which parts of the output signals 40, 42, 44, 46 of
the microphones 24, 26, 28, 30 that correspond to the electronic monaural signal of the
specific monaural signal transmitter, are enhanced.

[0232] In order to determine the ITD of the parts of the output signals 40, 42, 44, 46 that
correspond to the electronic monaural signal, the enhanced signals of microphones worn at
different ears are cross-correlated in correlating filters 56, 58:

In correlating filter 56 (Front microphones at different ears)

Si(t) = EF_LF(t) * EF_RF(-t)

wherein Sq(t) is the output signal 60 of the correlating filter 56, EF_LF(t) is the output signal 54
and EF_RF(t) is the output signal 48;

In correlating filter 58 (Rear microphones at different ears)
Sy(t) = EF_LR(t) * EF_RR(-t)
wherein Sy(t) is the output signal 62 of the correlating filter 58, EF_LR(t) is the output signal 52

and EF_RR(t) is the output signal 50.

[0233] The cross-correlation outputs 60, 62 are added in adder 64 to form
S(t)=EF_LF(t) * EF_RF(-t) + EF_LR(t) * EF_RR(-t), wherein S(t) is the output signal 66 of the
adder 64.

[0234] Then, the time lag T where S(t) has maximum is determined in ITD estimator 68 as the
ITD.

[0235] Thus, the output signal 70 of the ITD estimator 68 is the ITD of the acoustic sound from
the sound source associated with the specific monaural signal transmitter when received at the
microphones 24, 26, 28, 30 worn at the left and right ears, respectively, of the user 1500.

[0236] In parallel, in order to determine whether the specific monaural signal transmitter
resides in front of the user 1500 or behind the user 1500, the enhanced signals of front and
rear microphones of the same ear are cross-correlated in correlating filters 72, 74:

In correlating filter 72 (Front and rear microphones at the left ear)

Uq(t) = EF_LF(t) * EF_LR(-t)

wherein U4(t) is the output signal 76 of the correlating filter 72, EF_LF(t) is the output signal 54
and EF_LR(1) is the output signal 52;

In correlating filter 74 (Front and rear microphones at the right ear)
U,(t) = EF_RF(t) * EF_RR(-t)
wherein Ux(t) is the output signal 78 of the correlating filter 74, EF_RF (1) is the output signal 48

and EF_RR(t) is the output signal 50.

[0237] The cross-correlation outputs 76, 78 are added in adder 80 to form
U(t)=EF_LF(t) * EF_LR(-t) + EF_RF(t) * EF_RR(-t),
wherein U(1) is the output signal 82 of the adder 80.
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[0238] Then, the time lag T, where U(t) has maximum is determined in front/back estimator
84.

[0239] The sign of T, determines if the specific monaural signal transmitter is located in front
of, or behind, the user 1500.

[0240] Thus, the output signal 86 of front/back estimator 84 is the logical variable, namely the
sign of T, indicating whether the sound source associated with the specific monaural signal

transmitter is located in front of, or behind, the user 1500.

[0241] The azimuth estimator 88 has an output 90 for provision of the azimuth ¢ of the DOA of
sound of the specific monaural signal transmitter determined based on ITD and T, and a table

look-up.

[0242] Using a table look-up using a KEMAR HRTF database 92, the corresponding HPTP(¢o,
f) can be selected.

[0243] The information on the DOA is imparted onto the specific electronic monaural signal
Rm_n(t) originating from the specific monaural signal transmitter by filtering (not shown, see
Fig. 3) the specific electronic monaural signal Rm_n(t) with the selected HPTP(gp, f) with the
binaural impulse response hrtf(¢g, t), wherein hrif_L(g, t) is the left ear part and hrtf_R(o, t) is

the right ear part of the binaural impulse response:
Yn_L(t) = hrtf_L(4, t) * Rm_n(t)

Yn_R(t)=hrtf_R(¢, t) * Rm_n(t)
and providing (not shown) Yn_L(t) to the left ear of the user 1500 and Yn_R(t) to the right ear
of the user 1500.

[0244] In this way, the user 1500 perceives to listen to the specific electronic monaural signal
Rm_n(t) as if the signal is arriving from the DOA of the sound source associated with the
specific monaural signal transmitter.

[0245] The DOA estimator 10 has a further input 122 for connection with an output of the head
tracker 120 (not shown) providing the tracking signal 124 to the DOA estimator.

[0246] The tracking signal 124 includes information of head yaw, i.e. changes in the azimuth of
the DOA caused by the user 1500's head movement.

[0247] For example, when the head tracker 120 has detected no, or insignificant, head
movements during determination of the transfer functions of the binaural filter based on the
electronic monaural signal as disclosed above, the determined transfer functions are used to
filter the electronic monaural signal and subsequently, when head movements are detected by
the head tracker 120, the determined transfer functions are modified in accordance with the
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changed orientation of the head of the user 1500 as detected by the head tracker 120, e.g. the
azimuth of the DOA is changed in accordance with the detected head yaw.

[0248] In other words, the DOA of the sound source in question may be determined based on
the tracking signal output by the head tracker 120 that is calibrated based on the electronic
monaural signal whenever the head of the user 1500 is kept still,

[0249] Fig. 3 shows a block diagram of an exemplified binaural hearing system 100, namely a
binaural hearing aid comprising first and second housings (not shown) to be worn at the right
ear and the left ear, respectively, of the user 1500.

[0250] The hearing aids of the binaural hearing aid 100 may be any type of hearing aid, such
as Behind-The-Ear (BTE), Receiver-In-the-Ear (RIE), In-The-Ear (ITE), In-The-Canal (ITC),
Completely-In-the-Canal (CIC), etc.

[0251] The first housing (not shown) is adapted to be worn at the right ear of the user 1500
and accommodates a first set of microphones, namely a first omni-directional front microphone
24 and a first omni-directional rear microphone 26, for conversion of sound arriving at the first
set of microphones into a first set of corresponding microphone output signals 40, 42 that can
be used to form a directional characteristic as is well-known in the art of hearing aids.

[0252] For In-The-Ear (ITE), In-The-Canal (ITC), Completely-In-the-Canal (CIC), hearing aids
the first housing (not shown) also accommodates a first output transducer 102, namely a right
ear receiver 102, for conversion of a first transducer audio signal 104 supplied to the right ear
receiver 102 into a first sound signal propagating as an acoustic wave towards the eardrum of
the right ear of the user 1500.

[0253] For Behind-The-Ear (BTE) hearing aids, the first housing (not shown) also
accommodates the right ear receiver 102 and has a sound tube connected to the first housing
for propagation of sound output by the receiver of the first housing and through the sound tube
to an earpiece positioned and retained in the ear canal of the user 1500 and having an output
port for transmission of the sound to the eardrum of the right ear canal.

[0254] For Receiver-In-the-Ear hearing aids, the first housing (not shown) is connected to a
sound signal transmission member that comprises electrical conductors for propagation of the
first transducer audio signal 104 to the right ear receiver 102 positioned in the earpiece for
emission of sound through an output port of the earpiece towards the eardrum of the right ear
canal.

[0255] The second housing (not shown) is adapted to be worn at the left ear of the user 1500
and accommodates a second set of microphones, namely a second omni-directional front
microphone 30 and a second omni-directional rear microphone 28, for conversion of sound
arriving at the second set of microphones into a second set of corresponding microphone
output signals 44, 46 that can be used to form a directional characteristic as is well-known in
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the art of hearing aids.

[0256] For In-The-Ear (ITE), In-The-Canal (ITC), Completely-In-the-Canal (CIC), hearing aids
the second housing (not shown) also accommodates a second output transducer 106, namely
a left ear receiver 106, for conversion of a second transducer audio signal 108 supplied to the
left ear receiver 106 into a second sound signal propagating as an acoustic wave towards the
eardrum of the left ear of the user 1500.

[0257] For Behind-The-Ear (BTE) hearing aids, the second housing (not shown) also
accommodates the left ear receiver 106 and has a sound tube connected to the second
housing for propagation of sound output by the left ear receiver 106 of the second housing and
through the sound tube to an earpiece positioned and retained in the ear canal of the user
1500 and having an output port for transmission of the sound to the eardrum of the left ear of
the user 1500.

[0258] For Receiver-In-the-Ear hearing aids, the second housing (not shown) is connected to
a sound signal transmission member that comprises electrical conductors for propagation of
the second transducer audio signal 108 to the left ear receiver 106 positioned in the earpiece
for emission of sound through an output port of the earpiece towards the eardrum of the left
ear of the user 1500.

[0259] The output transducer may be a receiver positioned in the BTE hearing aid housing. In
this event, the sound signal transmission member comprises a sound tube for propagation of
acoustic sound signals from the receiver positioned in the BTE hearing aid housing and
through the sound tube to an earpiece positioned and retained in the ear canal of the user
1500 and having an output port for transmission of the acoustic sound signal to the eardrum in
the ear canal.

[0260] The output transducer may be a receiver positioned in the earpiece. In this event, the
sound signal transmission member comprises electrical conductors for propagation of audio
sound signals from the output of a signal processor in the BTE hearing aid housing through the
conductors to a receiver positioned in the earpiece for emission of sound through an output
port of the earpiece.

[0261] The binaural hearing aid 100 also comprises an electronic input 110, such as an
antenna, a telecoil, etc., for provision of received electronic monaural signals 14, 112, each of
which represents sound that is also propagating as an acoustic wave to the microphones 24,
26, 28, 30 of the binaural hearing aid 100. The electronic monaural signals 14, 112 are emitted
by respective monaural signal transmitters (not shown) and received at the input 110.

[0262] Speech spoken by a human that the hearing aid user 1500 desires to listen to, may be
recorded with a spouse microphone 1100 (not shown) carried by the human. The output signal
of the spouse microphone 1100 is encoded for transmission to the electronic input 110 of the
binaural hearing aid 100 using wireless data transmission. The wireless receiver 114 is
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connected to the electronic input 110 for reception of the transmitted data representing the
spouse microphone output signal and decodes the received signal into the electronic monaural
signal 14, 112.

[0263] The binaural hearing aid 100 also comprises the DOA estimator 10 which is shown in
more detail in Fig. 2. In the DOA estimator 10 of Fig. 3, the circuitry shown in Fig. 2 has been
duplicated into a number of similar circuits, one for each of a plurality of monaural signal
transmitters transmitting electronic monaural signals Rm_n(t) to the electronic input 110 of the
binaural hearing aid 100, wherein n is an index number identifying each of the monaural signal
transmitters of the plurality of monaural signal transmitters.

[0264] In Fig. 3, the receiver 114 outputs two electronic monaural signals 14, 112, but it should
be understood that the receiver 114 is capable of receiving and decoding a number N of
electronic monaural signals, wherein N can be any number.

[0265] For each of the N electronic monaural signals 14, 112, the DOA estimator 10 provides

the respective azimuth ¢, of the estimated DOA,, for the n!" electronic monaural signal to the
HRTF database 92, e.g. KEMAR database. In the database 92, the appropriate HRTF (¢, f)

are selected, e.g., using table look-up, and connected to the respective electronic monaural
signal Rm_n(1).

[0266] This is illustrated in Fig. 3 for two electronic monaural signals 14, 112 out of an arbitrary
number N of electronic monaural signals.

[0267] HRTF 94 is selected and connected to electronic monaural signal 112. HRTF 94 has a
right ear part 94-R and a left ear part 94-L providing respective right ear output 95-R for the
right ear and left ear output 95-L for the left ear. The binaural output signal 95-R, 95-L is
provided to the hearing loss processor 116 that processes the signals in accordance with the
hearing loss of the user 1500 and provides the hearing loss compensated signals 104, 108 to
the respective receivers 102, 106 for transmission of sound to the user 1500.

[0268] HRTF 96 is selected and connected to electronic monaural signal 14. HRTF 96 has a
right ear part 96-R and a left ear part 96-L providing respective right ear output 97-R for the
right ear and left ear output 97-L for the left ear. The binaural output signal 97-R, 97-L is
provided to the hearing loss processor 116 that processes the signals in accordance with the
hearing loss of the user 1500 and provides the hearing loss compensated signals 104, 108 to
the respective receivers 102, 106 for transmission of sound to the user 1500.

[0269] Thus, in general for each monaural signal transmitter (not shown) of the arbitrary
number N of monaural signal transmitters, the microphone signals 40, 42, 44, 46 are

correlated with the respective ni" electronic monaural signal Rm_n(t) 14, 112 in correlating

filters in order to enhance the sound emitted by the n'" monaural signal transmitter in the
microphone signals.
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[0270] The respective azimuth ¢, of the DOA of the n'" monaural signal transmitter is

determined based on the filtered signals and the n'" HRTF 94, 96 corresponding to the

determined azimuth @, is selected for filtering the respective n' electronic monaural signal

Rm_n(t) 14, 112 in order to impart spatial cues corresponding to the respective azimuth ¢,

onto the ni" electronic monaural signal Rm_n(t) in the output signals Yn_R(t) 95-R, 97-R, and
Yn_L(t) 95-L, 97-L of the binaural filters 94, 96.

[0271] Finally, the resulting signals are added to form Y_L(t) 108 and Y_R(t) 104 provided to

the left ear receiver 106 and right ear receiver 102, respectively, of the user 1500:
Y_L{t)= Y1_L(t)+ Y2_L(t) +...+ Yn_L(t) +...+ YN_L(t)

Y R({) = Y1_R() + Y2_R() +...+ Yn_R(t) +...+ YN_R().

[0272] In this way, the user 1500 perceives to listen to each of the N electronic monaural

signals Rm_n(t) as if each of the signals arrives from the DOA of the respective n'" sound
source associated with the respective monaural signal transmitter. Thus, the user 1500 will be
able to separate individual sound sources associated with respective monaural signal
transmitters and, e.g. focus his or her listening on a selected sound source. Further, the user
1500's ability to understand speech is improved due to the perceived externalization of the
sound sources, and the user 1500's ability to understand speech from one sound source of a
plurality of simultaneously speaking sound sources is improved.

[0273] The DOA estimator 10 has a further input 122 for connection with an output of the head
tracker 120 providing the tracking signal 124 to the DOA estimator.

[0274] The tracking signal 124 includes information of head yaw, i.e. changes in the azimuth of
the DOA caused by the user 1500's head movement.

[0275] For example, when the head tracker 120 has detected no, or insignificant, head
movements during determination of the transfer functions of the binaural filter based on the
electronic monaural signal as disclosed above, the determined transfer functions are used to
filter the electronic monaural signal and subsequently, when head movements are detected by
the head tracker 120, the determined transfer functions are modified in accordance with the
changed orientation of the head of the user 1500 as detected by the head tracker 120, e.g. the
azimuth of the DOA is changed in accordance with the detected head yaw.

[0276] In other words, the DOA of the sound source in question may be determined based on
the tracking signal 124 output by the head tracker 120 that is calibrated based on the

electronic monaural signal 14 whenever the head of the user 1500 is kept still,

[0277] The binaural hearing system circuitry, e.g. as shown in Figs. 2 and 3, may operate in
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the entire frequency range of the system 100.

[0278] The binaural hearing aid 100 shown in Fig. 3 may be a multi-channel binaural hearing
aid 100 in which the microphone signals 40, 42, 44, 46 and the electronic monaural signals 14,
112 to be processed are divided into a plurality of frequency channels, and wherein the signals
are processed individually in each of the frequency channels.

[0279] For a multi-channel binaural hearing aid 100, Fig. 3 may illustrate the circuitry and
signal processing in a single frequency channel. The circuitry and signal processing may be
duplicated in a plurality of the frequency channels, e.g. in all of the frequency channels.

[0280] For example, the signal processing illustrated in Figs. 2 and 3 may be performed in a
selected frequency band, e.g. selected during fitting of the hearing aid to a specific user 1500
at a dispenser's office.

[0281] The selected frequency band may comprise one or more of the frequency channels, or
all of the frequency channels. The selected frequency band may be fragmented, i.e. the
selected frequency band need not comprise consecutive frequency channels.

[0282] The plurality of frequency channels may include warped frequency channels, for
example all of the frequency channels may be warped frequency channels.

[0283] The microphones 24, 26, 28, 30 may be connected conventionally to the hearing loss
processor 116 of the binaural hearing aid 100 so that in some situations, conventional hearing
loss compensation may be selected, and in other situations the filtered electronic monaural
signals 95-R, 95-L, 97-R, 97-L may be selected for hearing loss compensation in processor 48.

[0284] An arbitrary number of microphones may substitute the front and rear microphones 24,
26, 28, 30 and selected output signals of the microphones may be combined to form one or
more microphone signals 40, 42, 44, 46.

[0285] The components and circuitry of the binaural hearing system 100 may be distributed
into different housings of the hearing system 100.

[0286] For example, the binaural hearing system 100 may have housings adapted to be worn
at the left ear and the right ear, respectively, e.g. as is well-known in the art of hearing aids,
and the microphones 24, 26, 28, 30 and output transducers, e.g. receivers, 102, 106 may be
accommodated in the housings and possible earpieces as is well-known in the art of hearing
aids. The DOA detectors and HRTFs may be duplicated so that both housings accommodate
the DOA detectors and HRTFs.

[0287] Alternatively, one of the housings may only accommodate the microphones and the
output transducer while all of the processing circuitry is accommodated in the other housing
and signals are transmitted as appropriate between the housings.
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[0288] The binaural hearing system 100 may further comprise a body worn device (not
shown), such as a smart phone, and the body worn device may accommodate the DOA
detectors and/or the HRTFs to exploit the power supply and processing power of the body
worn device so that the first and second housings of the binaural hearing system 100 need
only accommodate conventional parts of the binaural hearing system 100.

[0289] The body worn device (not shown) may accommodate a user interface of the binaural
hearing system 100.
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BINAURALT HORESYSTEM MED LOKALISERING AF LYDKILDER
PATENTKRAV
1. Binauralt hgresystem (100), der omfatter:

en binaural hereindretning med

et ferste hus, der er tilpasset til at blive baret pa et ferste ere af en bruger
(1500) af det binaurale hgresystem (100) og rummer et farste saet mikrofoner (24,
26) til omdannelse af lyd (1120, 1330), som kommer til det farste saet mikrofoner

(24, 26), til et forste seet tilsvarende mikrofonudgangssignaler (40, 42),

et andet hus, der er tilpasset til at blive baret pa et andet are af brugeren
(1500) og rummer et andet saet mikrofoner (28, 30) til omdannelse af lyd (1120,
1330), som kommer til det andet saet mikrofoner (28, 30), til et andet seet

tilsvarende mikrofonudgangssignaler (44, 46),

en ferste udgangstransducer (102) til omdannelse af et farste
transducerlydsignal (104), der tilferes den ferste udgangstransducer (102), til et
ferste auditivt udgangssignal, som kan modtages af menneskets auditive system

ved brugerens (1500) ferste @re, nar brugeren beerer den binaurale hareindretning,

en anden udgangstransducer (106) til omdannelse af et andet
transducerlydsignal (108), der tilf@ares den anden udgangstransducer (106), til et
andet auditivt udgangssignal, som kan modtages af menneskets auditive system ved

brugerens (1500) andet @re, nar brugeren baerer den binaurale hereindretning, og
en elektronisk monaural signalmodtager (114), der er tilpasset til

modtagelse af et elektronisk monauralt signal (14, 112), som udsendes

af en monaural signalsender (1130, 1300), og til
afkodning og generering af det elektroniske monaurale signal (14, 112), hvor

den monaurale signalsender (1130, 1300) har genereret det elektroniske

monaurale signal (14, 112) ved kodning af lyd (1120, 1330), der udsendes af en
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lydkilde (1200, 1300), hvor lydkilden (1200, 1300) er placeret i en afstand fra
brugeren (1500), og hvor

den lyd (1120, 1330), der udsendes af lydkilden (1200, 1300), udbreder
sig til det binaurale haresystem (100), séledes at mindst en del af det ferste og det
andet seet mikrofonudgangssignaler (40, 42, 44, 46) svarer til det elektroniske

monaurale signal (14, 112),
en ankomstretningsestimator (10), der er tilpasset til

estimering af en ankomstretning (1520), ved brugeren (1500), af lyd
(1120, 1330), som udsendes af lydkilden (1200, 1300) ved

krydskorrelering af valgte mikrofonudgangssignaler i det ferste seet
mikrofonudgangssignaler med det elektroniske monaurale signal til

tilvejebringelse af et farste seet filtrerede mikrofonudgangssignaler og

krydskorrelering af valgte mikrofonudgangssignaler i det andet saet
mikrofonudgangssignaler med det elektroniske monaurale signal til
tilvejebringelse af et andet saet filtrerede mikrofonudgangssignaler til forbedring
af mindst en del af det fgrste og det andet saet mikrofonudgangssignaler (40, 42,

44, 46), der svarer til det elektroniske monaurale signal (14, 112), og

estimering af ankomstretningen (1520) baseret pa det farste og det andet

seet filtrerede mikrofonudgangssignaler (48, 50, 52, 54) og
et binauralt filter (94, 96), der er tilpasset til

filtrering af det elektroniske monaurale signal (14, 112) med
overfaringsfunktioner baseret pa ankomstretningen (1520) til tilvejebringelse af
det farste og det andet transducerlydsignal (104, 108) til henholdsvis den ferste
og den anden udgangstransducer (102, 106), hvorved brugeren (1500) opfatter
at hare det filtrerede elektroniske monaurale signal (14, 112), som kommer fra
lydkilden (1200, 1300),

kendetegnet ved, at

ankomstretningsestimatoren yderligere er tilpasset til
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krydskorrelering af filtrerede mikrofonudgangssignaler, der er valgt blandt det
ferste seet filtrerede mikrofonudgangssignaler (48, 50), med filtrerede
mikrofonudgangssignaler, der er valgt blandt det andet saet filtrerede
mikrofonudgangssignaler (52, 54), og bestemmelse af en farste tidsforsinkelse, ved
hvilken et resultat af krydskorreleringen af filtrerede mikrofonudgangssignaler, der er
valgt blandt det ferste seet filtrerede mikrofonudgangssignaler (48, 50), med filtrerede
mikrofonudgangssignaler, der er valgt blandt det andet saet filtrerede
mikrofonudgangssignaler (52, 54), har et maksimum, og til bestemmelse af den
interaurale tidsforskel som den farste tidsforsinkelse, og hvor estimering af

ankomstretningen (1520) er baseret pa den interaurale tidsforskel.
2. Binauralt hgresystem (100) ifglge krav 1, hvor

ankomstretningsestimatoren (10) er tilpasset til estimering af

ankomstretningen baseret pa den interaurale tidsforskel og et fortegn pa en
anden tidsforsinkelse og til krydskorrelering af filtrerede mikrofonsignaler, der er
valgt blandt ét af det farste og det andet saet filtrerede mikrofonudgangssignaler
(48, 50, 52, 54), og til bestemmelse af den anden tidsforsinkelse, ved hvilken et
resultat af krydskorreleringen har et maksimum, og til bestemmelse af, hvorvidt
lydkilden (1200, 1300), som er associeret med den monaurale signalsender
(1130, 1300), er placeret foran brugeren (1500) eller bag ved brugeren (1500)

baseret pa fortegnet pa den anden tidsforsinkelse.
3. Binauralt hgresystem (100) ifglge krav 1 eller 2, hvor

filtrering af det elektroniske monaurale signal (14, 112) med
overfaringsfunktioner baseret pa ankomstretningen til tilvejebringelse af det

farste og det andet transducerlydsignal (104, 108) resulterer i, at:

det farste og det andet transducerlydsignal (104, 108) faseforskydes i

forhold til hinanden baseret pa den estimerede ankomstretning (1520), eller

det ferste og det andet transducerlydsignal (104, 108) forsteerkes med en

gensidig forsteerkningsforskel baseret pa den estimerede ankomstretning (1520), eller
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det farste og det andet transducerlydsignal (104, 108) faseforskydes i
forhold til hinanden og forsteerkes med en gensidig forsteerkningsforskel baseret

pa den estimerede ankomstretning (1520).

4. Binauralt hgresystem (100) ifelge krav 3, hvor det binaurale filters (94,

96) overferingsfunktioner er hovedrelaterede overfagringsfunktioner.

5. Binauralt heresystem (100) ifalge et hvilkket som helst af de foregaende krav,
hvor det binaurale filter (94, 96) er tilpasset til individuelt at behandle det elektroniske

monaurale signal (14, 112) i en flerhed af frekvenskanaler.

6. Binauralt haresystem (100) ifalge et hvilket som helst af de foregaende
krav, der omfatter en hovedsporingsenhed (120), der er konfigureret til at blive
monteret pa brugerens (1500) hoved til tilvejebringelse af et sporingssignal
(124), som indeholder informationer om brugerens hovedbeveegelser og leveres

til ankomstretningsestimatoren (10).

7. Binauralt haresystem (100) ifalge et hvilket som helst af de foregaende
krav, hvor den fgrste og den anden hgreindretning er h@greapparater, der
omfatter en haretabsprocessor, som er tilpasset til at kompensere for et haretab
af brugeren (1500).
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